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Course Contents

Both the theoretical and practical issues for spoken
language processing will be considered

Technology for Automatic Speech Recognition (ASR)
will be further emphasized

Topics to be covered
— Statistical Modeling Paradigm

« Spoken Language Structure

* Hidden Markov Models

« Speech Signal Analysis and Feature Extraction
* Acoustic and Language Modeling

« Search/Decoding Algorithms

— Systems and Applications

« Keyword Spotting, Dictation, Speaker Recognition, Spoken
Dialogue, Speech Information Retrieval etc.
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« References:

— T. F. Quatieri,“Discrete-Time Speech Signal Processing -
Principles and Practice,” Prentice Hall, 2002

— J. R. Deller, J. H. L. Hansen, J. G. Proakis, “Discrete-Time
Processing of Speech Signals,” IEEE Press, 2000

— F. Jelinek, "Statistical Methods for Speech Recognition,” The
MIT Press, 1999

— S.Young et al,, “The HTK Book”, Version 3.0, 2000
"http://htk.eng.cam.ac.uk"

— L. Rabiner, B.H. Juang, “Fundamentals of Speech Recognition”
Prentice Hall, 1993




Grading

Midterm or Final: 30%

Exercises: 30%

Project: 15%
Attendance/Presentation/Report: 20%
Others: 5%



Introduction

References:

1. B-H Juang and S. Furui, "Automatic Recognition and Understanding of Spoken
Language - A First Step Toward Natural Human-Machine Communication,”
Proceedings of IEEE, August, 2000
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Information Systems,“ Proceedings of IEEE, August, 2000



Historical Review

1952, Isolated-Digit
Recognition, Bell Lab. 1956, Ten-Syllable

Recognition, RCA
1959, Ten-Vowel

Recognition, MIT Lincoln Lab

1959, Phoneme-sequence Recognition using

1960s, Dynamic Time Warping to Statistical Information of context ,
Compare Speech Events, Vintsyuk | Fry and Denes

1960s-1970s, Hidden Markov Models for
Speech Recognition, Baum, Baker and Jelinek

Gestation of Foundations y

Voice-Activated Typewriter Telecommunication
(dictation machine, speaker-dependent), IBM (keyword spotting, speaker-independent), Bell Lab
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Progress of Technology

« US. National Institute of Standards and Technology (NIST)

S I Groug

Mission

The Speech Group contributes to the adwancement of the state-of-the art of spoken language
processing {speech recognition and understanding) so that spoken language can reliably serve as an
alternative modality for the human-computer interface.

This objective is served by

developing measurement methods

providing reference materials

coordinating community-wide benchmark tests within the research and development community
building prototype systems.
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Current Activities

ACE Automatic Content Extraction
WMeating Automatic Meeting Transcription Project
Room

ler MT 2003 Machine Translation 2003 Evaluation
H ]
Standards and Technology TDT2003  TDT 2003 Evaluation

RT 2003 Rich Transcription 2003 Evaluations

http://www.nist.gov/speech/




Progress of Technology

« Generic Application Areas (vocabulary vs. speaking style)
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Progress of Technology

« Benchmarks of ASR performance: Overview
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Progress of Technology

« Benchmarks of ASR performance: Broadcast News Speech
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Progress of Technology

 Benchmarks of ASR performance: Conversational Speech
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Determinants of Speech Communication

Speech Generation Speech Understanding
L] Application A
Message Formulation Semantics, Message Comprehension
Actions
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Statistical Modeling Paradigm

* The statistical modeling paradigm used in speech and
language processing
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Statistical Modeling Paradigm

* Approaches based on Hidden Markov Models (HMMs)
dominate the area of speech recognition

— HMMs are based on rigorous mathematical theory built on
several decades of mathematical results developed in other
fields

— HMMs are generated by the process of training on a large
corpus of real speech data
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Difficulties: Speech Variability

Pronunciation

Variation Speaker-independency

Speaker-adaptation
Speaker-dependency

Linguistic
variability

Inter-speaker
Intra-speaker variability

variability

Variability caused
by the environment

Variability caused
by the context

Robustness Context-Dependent
Enhancement Acoustic Modeling
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Large Vocabulary Continuous
Speech Recognition
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Large Vocabulary Continuous
Speech Recognition

« Transcription of Broadcast News Speech
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Spoken Dialogue

« Spoken language is attractive because it is the most
natural, convenient and inexpensive means of
exchanging information for humans

* In mobilizing situations, using keystrokes and mouse
clicks could be impractical for rapid information access
through small handheld devices like PDAs, cellular
phones, etc.
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Spoken Dialogue

 Flowchart
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Spoken Dialogue

« Multimodality of Input and Output

i

foce-Fesdback hole Ciow

Experimental client workstation incorporating sight, zound, and touch modalities for
humanfmachine communication. The eye tracker prowides a gaze-controlled cursor for
indicating obijects in the display The tactile force-feedback glowe allows displayed objects
to be grasped, “felt,” and mowed Hands-free speech recognition and synthesis prowvides

natural conversational interaction [7].
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Spoken Dialogue

* Deployed Dialogue Systems

“Domain [ Language | Vocabulary Average
Size | Words/Utt | Utts/Dialogue

CSELT Train Timetable Info Italian 760 1.6 6.6
SpeechWorks Air Travel Reservation || English 1000 1.9 10.6
Philips Train Timetable Info German 1850 27 70
CMU Movie Information English 757 35 9.2
CMU Air Travel Reservation English 2851 36 12.0
LIMSI Train Timetable Info French 1800 44 14.6
MIT Weather Information English 1963 5.2 3.6
MIT Air Travel Reservation English 1100 5.3 14.1
AT&T Operator Assistance English 4000 7.0 3.0
Alr Travel Reservations (human) English ? 8.0 21.5




Spoken Dialogue

« Topics vs. Dialogue Terms

Ave # of Turns/Dialogue
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Speech-based Information Retrieval

e Task:

— Automatically indexing a collection of spoken documents with
speech recognition techniques

— Retrieving relevant documents in response to a text/speech

query
speech Text-to- A f”f N -
information SSP:hECh_ text / \
ynthesis information | . i
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o™ . | .
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Applications
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text, image, video,

speech, ...
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Speech-based Information Retrieval (cont.)

Voice Queries
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Speech-based Information Retrieval (cont.)
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Speech-based Information Retrieval (cont.)

vector space model

—>
Pocket PC Voice Search
Server
Search D EE—
Client :
SAPI
PDA, , .
. Mandarin LVCSR Engine
microphone,
cellular phone
LVCSR or
syllable decoding

overlapping character bigrams

overlapping syllable bigrams

Character Based
Indexer

Syllable Based
Indexer
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T
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Speech Processing Toolkit

 HTK (Hidden Markov Model ToolKit)
— A toolkit for building Hidden Markov Models (HMMs)

— The HMM can be used to model any time series and
the core of HTK is similarly general-purpose

— In particular, for the acoustic feature extraction, HMM-
based acoustic model training and HMM network
decoding
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Speech Processing Toolkit

« HTK (Hidden Markov Model ToolKit)
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Speech Industry

Telecommunication
Information Appliance
Interactive Voice Response
Voice Portal

Multimedia Database
Education
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2003 Speech Workshop

« Date: 19 September, 2003
» Place: National Tsing Hua Univ., Hsinchu
 Webpage: htip://140.114.75.26/rocling/
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